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(57) A method and device for transcoding a digital signal first oversamples the input signal, converts the sampling rate 
to an oversampled output signal, filters the signal to reduce unwanted bands and decimates the oversampled output 
signal to produce a transcoded signal having the target sampling rate. This allows the conversion to be implemented 
in the composite domain, requiring a single sampling rate converter, and significantly reduces the complexity of the 
filter required to filter the output signal . 
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Field of Invention 

This invention relates to digital video transcoding. In 
particular, this invention relates to an oversanqpling rate 
converter for transcoding an input digital signal which converts 
the sanpling rate of an input signal to a signal at a different 
sanpling rate, using a single seunpling rate converter and filters 
of substantially reduced conplexity and inproved performance. 

In many video applications it is desirable to convert a 
digital signal from one sanplihg rate to another^ according to the 
format reg[uirements of different devices. The conversion of video 
signals between coicposite and conponent formats requires an 
encoder or a decodier, depending upon the direction of the 
conversion, and a sanq;>ling rate converter. 

In such a conversion polyphase filters are used to 
calculate data values for the signal at times other than the 
initial sampling times, which requires a separate filter for each 
sanple subphase. Hbwever, component and composite saznpling rates 
do not have single integer ratios between the sanpling 
frequencies. Thus, large finite impulse response (FIR) filters, 
mainly inplemented in polyphase structure « are required to 
interpolate and decimate the izqput. signal to achieve the desired 
saiqpling rate. 

Conventional sampling rate converters axe inplemented in 
the conponent domain. This requires a sepsurate complex rate 
converter for each of the three components of the signal, and very 
large and complex low-pass filters. 

Figures 1 and 2 illustrate a conventional sanpling rate 
conversion from 4:2:2 with a sampling frequency F3 of 13.5 MHz to 
4fsc with a converted saii5>ling frequency Fc of 14.3 MHz.- The 
conventional transcoder for this conversion is illustrated in 
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Figure 2. Figure 1 illustrates the steps through the conversion 
process, in which the signal is interpolated at a 35:1 rate and a 
large polyphase FIR filter is used to remove \inwanted bands in the 
conponent domain. The signal is then clocked out of the polyphase 
filter at the 14.3 MHz rate. 

This approach presents a considerable problem in terms 
of the design of the required linear phase low-pass filter to meet 
the f recpiency. domain specifications . The minimum length L of a 
linear low-pass fir filter required to meet the frequency domain 
specifications is given by the following equation: 

L = -201og(8fc>83?^^-13 4-1 
14.6AF 

where 5p and 69 are the passband and stopband rifles, 
respectively, and AF is the transition bandwidth. 

If the maximum passband ripple is assiimed to be 0.02dB 
and the maximum stopband attenuation is assumed to be 60dB, Sp and 
Sb become 0.0023 and 0.001, respectively. For a conventional 
sanqpling rate converter the transition bandwidth AF can be seen to 
be AF = (6-75 -5.75)/(13.5 x 35) = 0.02116, which results in a 
filter length Ii of 1404. 

This problem becomes even more acute in the case of 
conversion to 4fsc with a sanpling frequency of 17.7 MHz in the 
case of the PAL television standard, where the minimum filter 
length L is grreater than 709,000. The con^lexity and costs 
associated with such a filter renders the design extremely 
inpractical, if not ixnpossible. 

Summary of the Inven^^on 



The present invention overcomes these problems by 
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providing a digital signal transcoder having a sampling rate 
converter using polyphase filters which produce accurate signal 
conversion without requiring inordinately long and coxnplex 
filters. The invention enables the conversion process to be 
ccurried out in the coirposite domain using a single sampling rate 
converter, which provides much better performance and far less 
ccHiplexity than the three converters required by conventional 
methpds. 

According to the invention the digital input signal is 
oversampled by an integer amount before interpolation and 
decimation by the sanpling rate converter, which substantially 
reduces the complexity of the required sanqpling rate converter. 
Using the above exanple of a sample rate conversion from 4:2:2 
with a sai^pling frequency Fs of 13.5 MHz to 4fsc with a converted 
sampling frequency Fc of 14.3 MHz, using a 1:2 interpolation for 
oversan^ling of the input signal the transition bandwidth becomes 
AF = (27 -6.75 -5.75)/{13.5 x 2 x 35) = 0.1534, which results in 
minimum filter length L of 194, The required length of the FIR 
filter is thus decreased many times by inplementing oversampling 
of the iz^ut signal before the conversion. 

The present invention thus provides a transcoder for 
converting a digital ii^nit signal having a first sampling rate to 
a digital output signal having a target saxtqpling rate, cpnqprising 
means for overseurpling the input signal to produce an oversai^pled 
signal, means for converting a sanqpling rate of the oversanpled 
signal to produce an oversampled output signal, means for 
filtering the oversanpled output signal to reduce \inwanted signal 
bands, and means for decimating the oversanpled output signal to 
produce a transcoded signal at the target sampling rate. 

The present invention further provides a method of 
transcoding a digital input signal having a first sanpling rate to 
a digital output signal having a target sampling rate, conqprising 
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oversanpling the input signal to produce an oversampled signal, 
converting a sanpling rate o£ the oversampled signal to produce an 
oversanqpled output signal, filtering the oversanpled output signal 
to reduce unwanted signal bands, and decimating the oversanpled 
output signal to produce a transcoded signal at the target 
saiqpling rate. 

Brief Description of the Drawings 

In drawings which illustrate by way of example only a 
preferred embodiment of the invention. 

Figure 1 is a gpraphic representation of the spectrum 
progression of a signal conversion according to the conventional 
method. 

Figure 2 is a block diagram illustrating the 
conventional transcoder for the method shown in Figure 1, 

Figure 3 is a block diagram illustrating a preferred 
CTibodinient of the signal transcoder of the invention,. 

Figure 4 is a graphic representation of the spectrum 
progression of . a signal conversion according to the embodiment of 
Figure 3, 



Figure 5 is a block diagram illustrating the transcoding 
method for the embodiment of Figure 3, 

Figure 6 is a block diagram illustrating a further 
example of the transcoding method of the invention. 

Figure 7 is a block diagrram illustrating a transcoder 
for the method of Figure 6, and 



Figure 8 is a graphic representation of the spectrum 



2144111 



- 5 - 

progression of a signal conversion according to the embodiment of 
Figure ?• 

Detailed Degerintion of the Invention 

Figures 1 and 2 respectively illustrate the spectrum 
progression and conponents of a conventional sanple rate 
converter. As shown in Figure 2, the input signal, in the example 
illustrated a 4:2:2 conqponent signal with a sair5)ling frecjuency Fa 
of 13.5 MHZ/ is fed into a coinponent decoder 10 which decodes the 
signal into its priniary coir5)onent parts. The three coinponents of 
the signal are passed to an initial polyphase FIR filter 20 which 
interpolates the signal at 1:35. Hiis signal is then passed to a 
second polyphase FIR filter 30 which decimates the signal at 33:1 
in order to produce the required output at the target sanpling 
frequency. The signal is then passed to an encoder 40 which 
converts the signal into a coinposite video signal. 

According to the invention, an embodiment of which is 
illustrated in Figure 3, the signal to be converted is first 
oversas^led by being fed into a fixed coefficient interpolator 50 
which produces a 1:K interpolation of the input signal, and 
outputs an oversaac)led signal at K x Fs, where Fg is the saiic>ling 
rate of the unprocessed ii^put signal and K is an integer greater 
than 1. The oversanpled signal is then input to a FIFO buffer 60. 
The output of the FIFO buffer 60 is fed into a polyphase 
interpolator 70 whose ir«)ut is clocked at the buffer output 
sampling rate of K x Fc. The combination of the FIFO buffer 60 and 
the polyphase interpolator 70 eliminates the process of 1:M 
interpolation, eliminates unwanted frequency bands and provides 
the NK:1 decimation. The output is the signal at the target 
sazspling frequency. 

Figures 3 to 8 illustrate exasples of a preferred 
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embodiment of the invention. Figures 3 to 5 illustrate an 
embodiment of the invention converting a 4:2:2 video input signal 
to a 4fsc output signal. In order to significantly reduce the 
coinplexity of the converter, the 4:2:2 ii^ut signal is first fed 
into a fixed coefficient filter 50 which interpolates the input 
signal. In this example the filter 50 provides a 1:2 
interpolation of the 13.5 MHz input signal to produce a digital 
ou^ut signal with a sampling frequency of 27 MHz, twice that of 
the input sigxial. 

The interpolated output signal from the filter 50 is 
then fed into a FIFO buffer 60 having an input clock rate matching 
the sampling rate of the interpolated signal output from the 
filter 50, in this exaxnple 27 MHz. The FIFO buffer 60 has an 
output clock rate set at twice the signal sampling rate of the 
desired converted output signal, and thus outputs the converted 
signal at a sanpling rate of 28.6 MHz to the polyphase 
interpolator 70. 

The output clock for the FIFO buffer 60 is used as an 
ii^ut clock for the polyphase interpolator 70, which reduces 
unwanted bands euid decimates the signal at 2:1 to output a signal 
at the desired transcoded signal sanpling rate, 14.3 MHz. 

Figures 6 to 8 illustrate another exanple of an 
enibodiment of the invention, which converts a 4fsc video signal to 
a 4:2:2 signal, the reverse of the process in the above exanple. 
The input signal with a saxqpling rate of 14.3 MHz is fed to the 
input of a fixed coefficient filter 80 providing a 1:2 
interpolation, to output an oversanpled signal at 28.6 MHz, twice 
the sampling rate of the input signal. The ir^ut clock rate of 
the polyphase interpolator 90 is is the same clock rate of 28.6 
MHz as is the input stage of FIFO buffer 100. After interpolation 
and decimation by the polyphase interpolator 90 v^ich also removes 
\mwanted bands the FIFO buffer 100 produces an output signal at a 
sampling rate of 27 MHz, twice that of the desired 4:2:2 output 
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signal. The output clock for the FIFO buffer 100 is used as a 
clock for the fixed coefficient filter 110, providing a 2:1 
decimation, to output a signal at 13.5 MHz, the desired output 
sainpling rate. 

It can thus be seen that by oversainpling the input 
signal prior to processing to the converted format the minimum 
length L of the recjuired polyphase filter is substantially 
reduced. The invention thus makes high q^uality video 
interpolation filters with fixed coefficients available at low 
cost. 

The above exaizples utilize a 1:2 oversanpling ratio, 
- however the oversanpling rate can be based on an interpolation 
with any integer K greater than 1, and the Invention is in no way 
lixoited to the specific exairples given. However, for video 
signals a smaller iiiteger ratio, such as the 1:2 interpolation 
used in the exanple described, is preferred; because digital video 
is alrea^ sampled over lOMHz, too large an integer R will make 
the interpolation filter difficult to implement. A reasonable 
upper limit for K in the case of digital video signals is 16. 
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WE CLiAIM: 

1- A transcoder for converting a digital input signal 

having a first sampling rate to a digital output signal 
having a target sampling rate, comprising: 

means for oversampling the input signal to produce 
an oversampled signal having a second sampling rate which is 
an integer multiple of the first sampling rate in order to 
facilitate increased transition bandwidth in further 
processing; 

means for converting the second sampling rate to 
produce an oversaunpled output signal having a third sampling 
rate which is an integer multiple of the target sampling 
rate, wherein the second sampling rate is not an integer 
multiple of the third sampling rate and the third sampling 
rate is not an integer multiple of the second sampling rate; 
and 

means for filtering and decimating the oversampled 
output signal to reduce unwanted signal bands cmd to produce 
a transcoded signal at the target sampling rate. 

r 

2. The transcoder of claim 1 wherein means for 

oversampling the input signal comprises a fixed coefficient 
interpolating filter. 

3- The transcoder of claim 1, wherein the means for 

filtering and decimating comprises a polyphase filter. 

4. The transcoder of claim 3 wherein the polyphase 

filter is a multi-banJc coefficient finite impulse response 
filter. 

5- The transcoder of claim 1, wherein the means for 

oversampling the input signal produces an oversampled signal 
having a second sampling rate which is twice the first 
sampling rate. 
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A method of transcoding a digital input signal 
havir.g a first sampling rate to a digital output signal 
having a target sampling rate, comprising: 

oversampling the input signal to produce an 
overs ampled signal having a second sampling rate which is a 
multiple of two of the first sampling rate, in order to 
facilitate increased transition bandwidth in further 
processing; 

converting a sampling rate of the oversampled 
signal to produce an oversampled output signal having a 
third sampling rate which is an integer multiple of the 
target sampling rate, wherein the second sampling rate is 
not an integer multiple of the third sampling rate and the 
third sampling rate is not an integer multiple of the second 
sampling rate; 

filtering the oversampled output signal to reduce 
unwanted signal bands; and 

decimating the oversampled output signal to 
produce a transcoded signal at the target sampling rate. 

7. The method of claim 6 wherein a fixed coefficient 
interpolating filter is used for oversampling the input 
signal . 

8. The method of claim 6 wherein a polyphase filter 
is used for filtering the oversampled output signal. 

9. The method of claim 8 wherein the polyphase filter 
includes means for decimating the oversampled output signal 
to produce a digital signal at the target sampling rate. 

10. The method of claim 9 wherein the polyphase filter 
is a Miulti'bank coefficient finite impulse response filter, 

11 . A transcoder for converting a digital input sigrnal 
haying a first sampling rate to a digital output signal 
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having a target sampling rate which is not an integer 
multiple of the first sampling rate, comprising: 

means for oversampling the input signal to produce 
an oversampled signal having a second sampling rate which is 
twice the first sampling rate, in order to facilitate 
increased transition bandwidth in further processing; 

means for converting the second sampling rate to 
produce an oversampled output signal having a third sampling 
rate which is an integer multiple of the target sampling 
rate ; and 

means for filtering and decimating the oversampled 
output signal to reduce unwanted signal bands and to produce 
a transcoded signal at the target sampling rate.. 

12. The transcoder of claim 11 wherein the means for 
oversampling the input signal comprises a fixed coefficient 
inter-polating filter. 

13. The transcoder of claim 11 wherein the means for 
filtering and decimating comprises a polyphase filter 
including means for decimating the oversampled output signal 
to produce a digital signal at the target sampling rate. 

14. The transcoder of claim 11 wherein the means for 
converting the second sampling rate comprises a FIFO buffer. 
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